Abstract-Varieties of environmental sources of noise and distortion can degrade the quality of the speech signal in a communication system. This research work explores the effects of these interfering sounds on speech applications and introduces a technique for reducing their influence and enhancing the acceptability and intelligibility of the speech signal. In this work, a noise reduction system using single microphone method in time domain to improve SNR of noise contaminated speech is proposed. Traditional Spectral Subtraction method has been reviewed very well and the relationship with wiener filter is also illustrated. The Spectral Subtraction method has been generalized and the focus is put on reducing noise from speech in single channel signals. Voice Activity Detector (VAD) is ignored in this proposed system, because a-priori information about the noise is assumed. The research has been conducted using Gaussian White Noise and Color Noise. The experimental result shows a remarkable improvement in SNR for the generalized version and it is noticed that the result is very much satisfactory when white noises are added but the addition of color noise produces a comparatively poor improvement report. The system has been tested with eight different datasets and on an average, 65.27% improvement in SNR (Signal to Noise Ratio) for White Noise using Generalized Spectral Subtraction Method is achieved comparing with Traditional Spectral Subtraction Method. The average improvement in SNR for Color Noise recorded is 53.31%. The Generalized Spectral Subtraction method is shown to improve the speech quality and to improve SNR as well.
which was in the digital domain. Now, in modern days, classic filtering algorithms like wiener filtering [3] and spectral subtraction [4] are being used for decades for general noise reduction in single channel. Martin [5] has proposed an algorithm which uses minimum statistics for noise reduction. Wiener filtering has a linear predictor for a single time series with a predictor formula. But, this filtering technique assumes signals as stationary signals. For the improvement of conventional SS (Spectral Subtraction) method and wiener filtering method there are a number of published researches. Arslan et al. [6] proposed a developed SS method which is called as smoothed spectral subtraction (SSS). Their adaptive versions have been developed which relaxes the assumption of stationarity a little bit [7] [8] .
To evaluate the output of this filtering technique the SNR for noisy speech signal is measured by using the algorithm and without using the algorithm. The SNR is measured using Spectral Subtraction Method [9] . This proposed system aims at reducing noise of a composite signal where noise is mixed with the clean speech. This system has implemented stationary spectral subtraction algorithm and generalized with the wiener filter when single channel microphone is used. Gaussian White Noise and Color Noise have been added separately with the clean speech. Then the SNRs of those composite signals were calculated and the filtering technique is applied to find the enhanced signal. After that the SNRs are calculated once again to make a comparison. Overview of the system is presented in Fig-1 .
II. METHODOLOGICAL STEPS
The methodological steps adopted for enhancing the speech signal using generalized spectral subtraction methods are as follows:
A. Data Acquisition
The speech data used for this research consists of speech samples from the TIMIT-database. Randomly chosen speech sentences from 10 male and 10 female speakers have been used. The variety in the length of speech signal is maintained and there are two categories of signals categorized according to the length of the signals. Signals with length 2 seconds from 5 male and 5 female speakers are put in a category and the other category comprises of signals of length 4 seconds from 5 male and 5 female speakers. Speech acquisition is done with the following recording parameters:
1. 
B. Spectral Analysis and Noise Estimation
If w is the angular frequency and s(t) is a continuous time signal, the spectrum or Fourier Transform (FT) of that continuous time signal s(t) is given by:
The following steps have been followed and these steps represent the workflow to determine the spectra of a continuous time signal. Estimated spectra of clean speech and composite speech are presented in Table 1 .
Steps: 1. Channel detection 2. Finding the maximum amplitude of the signal 3. Scaling the signal using that maximum amplitude 4. Time and discretization of parameters 5. Windowing 6. Coherent amplification of the window 7. Finding the FFT of the windowed signal 8. Generating frequency vector and getting spectrum magnitude For Finding Estimated speech a generalized formula has been implemented that actually serves the purpose of a filter. Noise and Speech estimation for Gaussian White Noise and Color Noise for all the datasets are represented in Table 1 and the values are evaluated using the proposed Generalized Spectral Subtraction algorithm.
Fig. 1. Overview of the System

C. SNR Calculation
After estimating speech for every dataset, the system then approaches to calculate SNR for each of the speech signals. This SNR calculation has been conducted using proposed Generalized Spectral Subtraction and Traditional Spectral Subtraction algorithms. Table 1 represents the values for all the signals. 
III. EXPERIMENTAL RESULT ANALYSIS
It has been marked that, there is at least 50% improvement in SNR while using the proposed Spectral Subtraction Technique. The dominancy of Generalized Spectral Subtraction method is quite clear over the Traditional approach of calculating Spectral Subtraction. It does not make any significant difference whether the speech has been collected from a male speaker or from a female speaker. The impact of the proposed technique is different on different types of noise.
The method shows an average improvement of 65.27% in SNR while using Gaussian White Noise but if Color Noise is added, still the improvement in SNR is very significant though the improvement curve degrades a bit comparing with the improvement curve found with Gaussian White Noise. Another important observation is that; the performance is almost same for different speech with different length.
IV. CONCLUSION
In this thesis, a number of noise reduction techniques have been reviewed, and evaluated. The Generalized Spectral Subtraction has some definite improvement over the traditional Spectral Subtraction method. An advantage of this method is that it does not need a Voice Activity Detector (VAD).
There is no such intention to compare this method with any other supporting method, like: Non-Stationary Spectral Subtraction method or Non-Negative Matrix Factorization but this research work aims at developing and implementing Non-Stationary Spectral Subtraction and Non-Negative Matrix Factorization method for noise reduction to compare with the Generalized Spectral Subtraction in future.
